Abstruct-A new design methodology is proposed to realize a real cochlea using the multiplexing switched-capacitor (SC) circuits. The proposed technique is based upon the transmissionline model proposed by Zwislocki [SI. At the cost of the increase in the number of clock phases, the decay rate in the transition region of the filter section can be increased by adding only a few components. Therefore, the components and chip area of the designed silicon cochlea can be small. An experimental chip containing four filter sections has been designed and fabricated. The measured frequency responses from the 32-section cochlea formed by cascading nine fabricated chips are consistent with both theoretical calculation results and observed behavior of a real cochlea. Moreover, the designed silicon cochlea has the dynamic range of 67 dB in each section and a low sensitivity to process variations. Thus it is suitable for VLSI (very large scale integration) implementation with the associated neural network.
I. INTRODUCTION
NE approach to develop a speech recognizing system 0 with human-like ability is to design an electronic neural system that mimics the behavior of the human auditory nervous system. To build such a system, the first step is to implement an analog electronic cochlea making use of the current knowledge about the cochlear structure and function. The first electronic cochlea was proposed by Lyon and Mead in 1988 [I] . In their design, variable-Q second-order lowpass filters realized by transconductance amplifiers are cascaded to simulate most of the important qualitative effects of the real cochlea. Since the filter circuits are operated in the subthreshold region, the exponentially varying stiffness along the length of the cochlea can be easily implemented by using a linearly changed bias voltage. Besides, the power consumption is very low. Based upon subthreshold transconductance-C design techniques as in [l], improved versions have been proposed [2] - [4] . Among them [2] - [4] , the approach in [3] is to implement the electronic cochlea from the transmissionline model [5] with the impedance of the transmission line directly simulated by the transconductance-C circuits. More recently, the cascaded switched-current biquads are proposed to implement the cochlea [6] .
Generally the major cochlear function is equivalent to that of a filter system where many filter sections with very sharp decay in the filter transition region are connected in cascade. In the implementation of the filter section with the required decay of 50-500 dBl'octave [4] , one approach is to cascade less low-order filter stages. This reduces the number of cascaded stages in the filter system. But the required sharp transition response is sacrificed and thus some characteristics of the human cochlea system may be lost. The other approach is to cascade many low-order filter stages to realize a single section. This could achieve the required sharp transition response, but the inherent nonideal effects such as component mismatches and device finite output resistance in each stage may be more easily accumulated through the cascaded sections to degrade the performance of the filter system. In these two approaches, great design efforts are required to obtain a good compromise between cascaded stage number and filter response.
In this paper, a new design methodology is proposed which can be used to design a single-stage filter section with a sharp transition region. The major design technique is the multiplexing switched-capacitor (SC) circuit technique [7] , [8] which efficiently decreases the cascaded stage number of the filter section with the increasing clock phases. Although only the SC circuits are designed in this paper, the proposed design methodology can be applied to the switched-current circuits as well.
In the proposed design methodology, the cochlear model to be implemented is the transmission-line model [5] . But the design technique is different from that in [ 3 ] . In the proposed design methodology, the nonlinear two-dimensional (2-D) partial differential equation which is utilized to represent the behavior of the (cochlear model, is first changed into several linear one-dimensional (1-D) difference equations by applying the principles of discrete-time signal processing and variable transformation. Based upon the state-variable method, these 1-D difference equations are implemented by the SC circuits to form a filter section. To decrease the components used in these circuits, the niultiplexing technique is used. Basically the frequency response of the multiplexing SC circuit as a filter section is a lowpass function with pseudoresonance 191 and sharp decay slope in the transition region. The peak gain of the filter section can be tuned by adjusting the capacitor ratios. The exponentially decreasing cutoff frequencies of the cascaded filter sections can lbe realized by adjusting the capacitor ratios and downsampling the clock frequency. Cascading many filter sections with suitable peak gains and cutoff frequencies can realize most of the important qualitative effects of real cochleas.
In Section II, the function of the auditory periphery and the cochlear model is described. Model simplifications are also presented in this section. In Section 111, the method to implement the simplified model is presented. First, the simplified model is transformed into the state-variable diagram and its basic functions are realized by the SC circuits. Then the whole circuit of the filter section of the basilar membrane can be formed by using the basic SC circuits. By cascading the filter sections, the electronic cochlea can be realized. The experimental results are shown in Section IV. From the comparisons with the simulation results and the data measured from the real cochlea, it can be shown that the design circuits can satisfy the requirement of the frequency response of the cochlea. Finally, the conclusion is given in Section V.
COCHLEAR MODEL AM) MODIFICATION
The auditory periphery is composed of the outer ear, the middle ear, and the cochlea. The function of the outer ear is to collect sound signal from the outside world, whereas that of the middle ear is to reduce transfer efficiency when the sound signal is too loud. The function of the cochlea is the most complicated and important one. The simplified schematic illustration of the cochlea is shown in Fig. l(a) [lo] . The building blocks of the cochlea are the basilar membrane, the inner hair cells, and the outer hair cells; their relations with other parts of the auditory nervous system are also shown in Fig. l(b) . In general, the basilar membrane can be treated as the processing unit of the cochlea. The sound signal coupled from the middle ear travels along it and is processed by many lowpass filter sections with the sharp decay slope in the transition region. Since the basilar membrane is a nonuniform medium, the cutoff frequency of the lowpass filter section varies at different positions. Basically, the variation of the cutoff frequency with the location of the basilar membrane can be approximated by an exponential decay function. The inner hair cells distributed along the basilar membrane are the output interface units of the cochlea. They detect the basilar membrane displacement and transfer it into the neural signal. On the other hand, the outer hair cells act as the control units of the cochlea, which adjust the damping of the basilar membrane according to the signal level. If the sound signal which travels along the basilar membrane is too weak to hear, the control signal from the nervous system will inform the outer hair cells to provide positive feedback for the membrane to amplify this signal,
In the past years, there have been many models proposed to characterize the behavior of the cochlea. The cochlear model investigated in this paper is the transmission-line model first proposed by Zwislocki [5] . This model uses simple differential equations to represent the function of the cochlea. It can characterize the essential feature of the traveling wave on the basilar membrane.
Under some assumptions, the cochlea can be represented by a transmission line with distributed parallel and series impedances which vary continuously with distance x along the basilar membrane. A section of the transmission line of length Ax is shown in Fig. 2 A section of the basilar membrane of length Ax [lo] .
with the transverse motion of the basilar membrane and the fluid as its load. The pressure difference across the basilar membrane and the fluid volume velocity are denoted by P ( z ) and F ( z ) , respectively. Although not explicitly indicated, 2, Y, P , and F also depend on the angular frequency w . Since the pressure difference P is corresponding to the voltage in an electrical transmission line, whereas the fluid volume velocity F is corresponding to the current, the behavior of the cochlea can be described by the following [lo] :
Decoupling the above equations, we have [ lo] -
----Also, the basilar membrane displacement A can be represented as [lo] 
where w is the angular frequency and i = m. Using the above expressions of Y and 2 and the inverse Fourier transformation to transform (2a) from the frequency domain to the time domain, it can be rewritten as
where P = P ( t , x) is the pressure difference in the time domain. Since the coefficients of the above equation depends
It is impossible to implement such an equation directly. Therefore, some modification should be applied to (4) to simplify it. To modify (4), the first step is to change it into a set of linear equations. If the basilar membrane is divided into N cascading sections and the range of variable x is limited to a small value x, in each section, (4) can be simplified and reexpressed by many linear partial differential equations with suitable constant coefficients to represent the functions of these cascaded sections. The difference between the response of (4) and the cascaded responses of these linear equations can be Based on the observation that the properties of the basilar membrane change slowly with x, its frequency response is scale-invariant [l], and there is essentially no phase delay in the pressure along the basilar membrane [12], it can be realized that the frequency responses of two adjacent points along the x dimension are almost the same except that the cutoff frequencies are slightly different. Thus the x derivatives of P is nearly zero in the passband and stopband regions and small in the transition region. This leads to very small secondorder z derivatives and they can be neglected. With the neglect of second-order z derivatives, the complexity of (5) is reduced significantly. To simulate the function of the outer hair cells, the dP/dt term is added to (5) . By adjusting the coefficient of this term, the pressure difference in some frequency ranges can be amplified to the required level. The resulting new equation in the kth section is given by
where a k , b k , C k , and d k are constant coefficients. Transforming (6) into the frequency domain by using the Fourier transformation, a linear differential equation which only contains the first x derivative can be obtained and its solution can be easily solved as
where (k -l)x, < x 5 kx, and P[iw, ( k -l)x,]) is the input signal of the kth section. Choosing the adequate coefficients and simply setting the basilar displacement as A = P . iw 9 6, the frequency response of the displacement can be obtained from (7) as shown in Fig. 3 . As compared with the data in [lo] and [ll], this result has the same qualitative properties of the shallow low-frequency slope, the sharp highfrequency slope, and the pseudoresonance. Moreover, the gain near the cutoff frequency can be tuned by changing the coefficient c k . This is the function of the outer hair cells. Although the decay slope in the high-frequency range will become flat, the gain is very small and will not affect the cascaded response. From the above comparison, it can be seen that the approximation error of (6) is tolerable and it can characterize the essential feature of a real cochlea.
REALIZATION OF THE COCHLEAR MODEL

A. Sampling and Mapping
To implement (6) The simplified basilar membrane displacement predicted by (6) where Fig. 3 .
functions required to form the state-variable diagram. These functions are the time differentiation dP(t, z)/dt, time in-
and distance integration P ( t , x) dx. By using the clock with period Tt to sample the data in the time domain, the clock with period T, to sample the data in the distance domain, and the backward Euler formula to approximate both differentiation and integration, the basic functions can be expressed as Although the discrete-signal equations of these basic functions have been derived, they are all 2-D difference equations and very difficult to implement without complex circuits. Therefore, it is necessary to transfer P(mTt, nT,) into 1-D sequences so that the conventional SC design method can be applied to the realization of (8a)-(8d). Assume the range of variable IC in each section of the basilar membrane is sampled into N , points, i.e., 
B. Realization of the Basic Functions
By using the new data sequence Q k , (8a)-(8d) can be transformed into I-D equations and implemented by SC circuits easily. Since the combination with differentiators and integrators usually makes the capacitor ratios of SC circuit smaller and the implementation of time differentiation is simpler than that of time integration, the function of Dt and I, are used to construct the state-variable diagram. The implementation of these two functions by SC circuits is described in the following.
1) Time Differentiation:
Substituting the new data se-
Applying the z-transformation to the above equation, the transfer function of time differentiation can be obtained as
Tt
This transfer function can be designed as a FIR (finite impulse response) filter, but this would result in the increase of components in the circuit. Here, the multiplexing technique is introduced to implement the time differentiation. The resulting SC circuit and the clock waveforms are shown in Fig. 4 where the core structure of the SC differentiator proposed in [15] and 1161 has been used. In this circuit, the capacitor array is controlled by N , clocks and every capacitor is recharged in tum. Therefore, N, points of the past data can be held in this array and the function of time differentiation can be realized.
2) Distance Integration: By using the new data sequence Q k instead of P(mTt, nT,), (8d) can be changed into
(11)
3=1
T .
where ( 
C. Entire Circuit of One Section
By using the time differentiation Dt and the distance integration I,, the state-variable diagram of (6) is constructed as shown in Fig. 6 . Applying the above SC circuits to this state-variable diagram, the whole circuit can be developed and shown in Fig. 7 where the pressure difference P and the basilar membrane displacement A are taken from the output of the opamps El and E3, respectively. The value of N, is chosen as four, which is adequate to make the approximation valid and obtain the required sharp decay slope in the filter transition region. In this case, the design equation of the capacitor ratios as functions of the coefficients of (6) are shown below
where 1 _< i _< 4.
In the SC circuit, the aliasing error is a major concern and must be decre,ased as much as possible by choosing the suitable clock period. Since this circuit is derived from the 2-D partial differential equation, there are two clock periods Tt and T, which must be chosen very carefully to avoid the aliasing error. The clock period Tt can be determined from the frequency bandwidth of input signal. As to the clock period T,, the aliasing error from the il: domain can be reduced as T, decreases. This will, however, increase the data points N, and the required clocks and components used in a single section.
The choice of T, is a trade-off between the aliasing error from the 2 domain and the circuit complexity. The comparison between discrete-time frequency responses with different T, and ideal one is shown in Fig. 8 . This figure indicates that the aliasing error from the 3: domain mainly affects the decay speed in the transition region. Therefore, T, can be determined by the required decay speed.
Ideally, since the feedback to the op-amp El are all negative, it should have no stability problem. Due to the time delay of the global negative feedback path through the op-amps E2, E3, and E4, however, the circuit still has the probability to oscillate if the global negative feedback is large enough. To solve this problem, some redundant capacitors are added to the circuit to increase the local negative feedback. The resultant circuit is shown in Fig. 9 . In this modified circuit, the capacitors CALl and CIl1 are used to increase the local negative feedback of the op-amp El, whereas the capacitor CA14 is used to offset the charges provided by CA11 and CI11 and make the overall transfer function unchanged. Although the feedback provided by CA14 is positive, the modified circuit does not have the stability problem since the negative feedback is large enough to cancel out the effect of the positive feedback. The HSPICE (a circuit simulator of Meta Software, Inc.) simulation result is shown in Fig. 10 . It can be seen that the overshooting of the modified circuit is lower than that of the original circuit. Therefore, the modified circuit is more stable than the original one.
Note that ideally CAI4 can entirely cancel out the charges provided by CAll and Cl1l, Since the charges of CA14 propagate through the op-amp E4, the amount will be reduced slightly due to the finite gain of E4. This will result in the gain degradation in the passband region. As shown in Fig. 11 , the gain deviation from unity in the passband region is more serious than that of the original circuit. Although this error can be reduced by raising the op-amp gain, the required gain to obtain the ideal response is very high. Therefore, it is more efficient to increase the capacitor ratio CINIC1 for gain compensation. The gain of the transfer function can be increased as CINIC1 increases. Thus the passband gain deviation can be compensated. The resulting frequency response is also shown in Fig. 11 for comparisons.
To implement the basilar membrane, one important thing is to realize the sharp high-frequency cutoff. Besides increasing N,, this can be accomplished by adjusting the value of the capacitor CA31. The frequency response with different values of CA31 is shown in Fig. 12 . This figure indicates that the decay curve in the transition region becomes sharper when the value of CA31 decreases. Since the required decay slope beyond the cutoff frequency to obtain the desired response is 50-500 dB/octave [4], this requirement can be satisfied by choosing a small value of CA31.
The function of the outer hair cells can be implemented by tuning the value of the capacitor C131. The frequency response with different values of C131 is shown in Fig. 13 . The gain near the cutoff frequency is controlled by the value of C.131. As the value of CI31 decreases, the gain is increased while the decay slope in the transition region is kept almost unchanged. This result i s similar to the change of the &-parameter in the second-order filter of the previous design [I] -[4], [6] , but the tunable range of the proposed circuit is larger. An effective tunable capacitor can be implemented by the SC circuit shown in Fig. 14 . Using the signals A1-A3 to control the switches, the capacitor value can be adjusted from CO to CO + 7C,. The signals to control the outer hair cells are generated from the nervous system as shown in Fig. 1 . Therefore, the circuit to generate these control signals is not included in the designed circuit.
The basilar membrane displacement is produced from the output of the op-amp E3. It uses the time differentiation to produce the shallow low-frequency slope. The simulation result is shown in Fig. 15 . It can be seen that the slope in the 
D. Cochlea Realization
To implement ani electronic cochlea, the section circuit in Fig. 9 can be cascaded to achieve the required frequency response and the number of the required sections is equal to the required outputs along the basilar membrane. Since the basilar membrane is modeled as a transmission line with exponentially varying propagatioii velocity and cutoff frequency, the cutoff frequency scaling Factors between two adjacent sections are set to the same value, which is determined by the total amount of the sections and the bandwidth of sound signal. There are two methods to tune the cutoff frequency of the section circuit. In the first imethod, the capacitor ratios are adjusted to obtain the required cutoff frequency according to the derived transfer function. This can be done by tuning the capacitor ratios of CD,,/Cz and CD4%/C4. The increasing amount of these capacitor ratios is equal to the decreasing amount of the cutoff frequency. When the capacitor ratios becomes too large, the second method is suggested where the sampling period instead of the capacitor ratio is increased to obtain the required cutoff frequency. To simplify the clock generation circuit, the sampling period is increased by integral number only. For simplicity, we assume that the outer hair cells feed the same amount of positive feedback into all sections of the basilar membrane. Thus the value of the capacitor C131 in each section is controlled by the same signals except that in the front sections. Due to the cascaded structure, the gain near the cutoff frequency in the back sections is also determined by that in the previous sections. If the gain of each section is slightly greater than one, the gain peak becomes much higher in the back sections than that in the front sections. To make the frequency response of all sections similar, the value of in the passband SS each section is slightly less than one due to finite op-amp gain error, the frequency response of the cascaded structure accumulates this error and the gain in the back sections becomes smaller as shown in Fig. 16(a) . By slightly increasing the value of the capacitor GIN, this error can be eliminated. The resulting frequency response is shown in Fig. 16(bl) . The frequency response of the basilar membrane displacement is shown in Fig. 17 . As compared to the theoretical results, the consistence is acceptable.
CIS1 in the front sections should be slightly smaller than that in other sections. The SWITCAP (a switched-capacitator network analysis program of Columbia University) simulation results of the pressure differences in the cascaded 28 sections under two tuning conditions of GI31 are shown in Fig. 16 . The outputs are taken from the (1 + 4n)th sections, n = 0-6. The scaling factor between two adjacent sections is 1.0905. This figure indicates that the simulated frequency responses have a sharp high-frequency cutoff and exhibit significantly different tuning characteristics under the two tuning conditions. Since the gain
IV. EXPERIMENTAL RESULTS
To verify the designed circuits, an experimental chip is fabricated. The chip photomicrograph is shown in Fig. 18 and its size is 3.5 mm x 3.5 mm. It contains four sections of the circuit shown in Fig. 9 and four unit-gain followers between the outputs of these sections The measured (a) amplitude response: (b) phase response of the in the first section are equal to one and the scaling factor between two adjacent sections is 1.0905 which is realized by reducing the layout sizes of Ci and C, directly. The capacitor ratio C I N / C~ is equal to one and the number of the total clock phases is seven.
The measured frequency response of the first section under two tuning conditions CA31 = 0 pF and CA31 = 1 pF is shown in Fig. 19 . It can be seen that the decay slope in the transition region is increased as CA31 decreases. This is consistent with the simulation results. Fig. 20 shows the measured frequency response of the first section for Cl31 equal to 1 pF ,and 3 pF. As the value of CI3, decreases, the gain near the cutoff frequency is increased, but the decay slope in the transition region remains nearly unchanged. This is consistent with the SWITCAP simulation results. Thus the proposed circuit can be used to mimic the function of the outer hair cells.
Under the conditions that the total harmonic distortion is below I%, CA31 = 0 pF, CI31 = 3 pF, the bandwidth is 1 kHz, and the power supply is f3 V, the maximum output of a single section circuit is 4 Vpp. The measured output noise level is 1.64 mV,,. Therefore, the dynamic range of a single section circuit is 67 dB. Since the dynamic range of the widerange-input transconductance amplifier in [2] is about 62.6 dB and significantly less when cascading several amplifier stages to form a single section, the proposed circuit has a larger dynamic range.
An experimental basilar membrane with 32 sections is realized by cascading nine fabricated chips where only two sections out of four are used in the first and second chips Thus the values of CI3, in the first two chips can be independently tuned. The sampling periods Tt of the first-fourth sections and the fifth-eighth sections are 40 and 60 ps, respectively, and doubled after every eight sections. The value of CA31 is set to 0 pF and the value of C131 is set to 3 pF in all sections except the first and second sections where the value is 2 pF. Fig. 2l(a> and (b) shows the frequency responses of the pressure difference which are measured from the first section of the first and third-ninth chips. In Fig. 21(a) , the peaks in the high frequency stopband are due to the coupling from the sampling clocks. They do not influence the correctness of the overall function. In Fig. 21(b passband and transition regions are presented. It can be seen from these figures that the measured responses are consistent with the simulation results. The corresponding basilar membrane displacement is shown in Fig. 22 . It has the shallow low-frequency slope and sharp high-frequency slope which are consistent with the data measured from a real cochlea [ll] .
The errors between measured values and theoretical values of peak gains and peak frequencies of the basilar membrane displacement are listed in Table I (a). The theoretical values are obtained from the ideal discrete-time transfer functions. Since the finite op-amp gain mentioned in Section 111-D affects the overall filter gains, the peak gain values in the error calculation are the relative peak gains with respect to the passband gains of the pressure difference, so that the error due to finite opamp gain are eliminated. It can be seen the peak gain errors are large in the back sections. This is mainly due to the finite bandwidth of the op-amps [13]. In the transient operation, the finite bandwidth of the op-amps affects the final settled results and leads to peak gain degradation. Thus the resultant peak gain errors are rather larger than that of the cutoff frequencies. Due to the accumulation effects, the peak gain error after the first section become!; three times larger. Since the peak gain frequency of the firsit section is located in the stopband of the other sections, however, the accumulation effect becomes less and less significant after four sections. This leads to a saturated error of 57-69% in the back sections. To minimize the errors, the coefficients Ck in the ideal transfer functions can be set slightly smaller than the coefficients c,+ used to calculate the corresponding capacitor ratios by a factor 0.96. The results are listed in Table I (b) where the peak gain errors are reduced to be less than 10%. Pis for the errors of the peak frequencies, they are small in both cases.
V. CONCLUSION
In this paper, new design methodology and multiplexing SC circuits have been proposed to realize a real cochlea. At the cost of the increase in the number of clock phases, the decay slope in the transition band can be sharper with the addition of only a few components. Therefore, the components and chip area of the realized silicon cochlea is small. According to the measured results of the fabricated chips, it has the advantages of large dynamic range and low sensitivity to the process variations. This makes the circuit more realizable in VLSI (very large scale integration). As compared both simulation and experimental results with the data measured from a real cochlea, it has been verified that the designed silicon cochlea can realize the essential features of a real cochlea and reproduce, at least quantitatively, the frequency response of the auditory periphery.
In future work, the circuits of the inner hair cells and the artificial neural network which is connected to the electronic cochlea and performs speech recognition will be investigated and implemented.
